A Turbo-Coded Burst-by-Burst Adaptive Wide-Band Speech Transceiver by Keller, T. et al.
2364 IEEE JOURNAL ON SELECTED AREAS IN COMMUNICATIONS, VOL. 18, NO. 11, NOVEMBER 2000
Fig. 1. Schematic of the multimode adaptive OFDM transceiver.
that nonadaptive OFDM was also a contender [30] for the
Pan-European Universal Mobile Telecommunications System
[31] (UMTS), and hence it was beneficial to explore the
potential of a substantially enhanced turbo coded fixed-rate
AOFDM wide-band audio arrangement. First, OFDM pro-
vides a powerful framework for exploiting both the time- and
frequency-domain channel properties by adapting the bit-allo-
cation to subcarriers, as we will demonstrate below. Second,
OFDM is amenable to powerful soft-decision based turbo
coding [24], [26], [46]. Third, although our adaptive transceiver
requires a programmable-rate speech or audio codec, to date
only a limited number of such codecs has been proposed in
the literature. Specific examples are the lower-quality 4 kHz
bandwidth—i.e., narrow-band—advanced multirate (AMR)
speech codec [36], which was designed for UMTS, and the
higher-quality 7 kHz bandwidth PictureTel codec, which is the
potential candidate for the new ITU-T G.722.1 audio-coding
standard [35]. The recommended bit rates are 24 kb/s and
32 kb/s, but the codec can also be programmed for other bit
rates, which we will capitalize on in the proposed system.
Wewill showthattheAOFDMbitratecan beadaptivelycon-
trolledinanefforttofindthebestcompromiseintermsofloading
the AOFDM subcarriers moreheavily, and henceto increase the
available throughput bit rate for maintaining a higher speech
coding rate and higher speech quality, while maintaining also a
high robustness against transmission errors. A further tradeoff
is that although the more heavily loaded, higher-throughput
AOFDM modem is more vulnerable against transmission errors
due to using more corrupted subcarriers, the longer turbo inter-
leavingimprovestheturbocodec’sperformance.
The proposed AOFDM system is constituted by two adapta-
tion loops, namely an inner constant throughput transmission
regime, and an outer switching control regime, which jointly
maintain the required target bit rate of the system, while em-
ploying a set of distinct operating modes. This system was con-
trived, in order to highlight the system design aspects of joint
burst-by-burst adaptive modulation, channel coding, and source
coding. The paper is structured as follows. Section II provides
a brief system overview, listing also our experimental condi-
tions, which is followed by Section III, detailing the philos-
ophy of our constant throughput burst-by-burst adaptive OFDM
modem. Section IV investigates the multimode modem adapta-
tion regime proposed, leading to a discussion on the adaptive
audio source codec employed in Section V. Our system perfor-
mance results are summarized in Section VI along with our fu-
ture research endeavors.
II. SYSTEM OVERVIEW
The structure of the proposed adaptive OFDM transceiver
is depicted in Fig. 1. The top half of the diagram is the
transmitter section, which consists of the source and channel
encoders, a channel interleaver for decorrelating the channel’s
frequency-domain fading, an adaptive modulator, a multiplexer
adding signalling information to the transmitted data, and
an inverse fast Fourier transform/radio frequency (IFFT/RF)
OFDM stage. The receiver section, seen at the lower half of the
graph, consists of an RF/FFT OFDM receiver, a demultiplexer
extracting the signalling information, an adaptive demodulator,
a deinterleaver/channel decoder, and the source decoder. The
parameter adaptation linking the receiver and transmitter chain
of the transceiver consists of a channel quality estimator and the
mode selection, as well as the modulation adaptation blocks.
The open-loop control structure of the adaptation algorithms
can be observed in the figure, where the local receiver’s opera-
tion is controlled by the signalling information that is contained
in the received OFDM symbol, while the channel quality infor-
mation estimated by the local receiver is employed, in order to
determine the parameter set to be employed by the local trans-
mitter for the next timeslot on the reverse link. This requires
channel reciprocity. If the uplink and downlink channel’s fre-
quency domain transfer functions are different, the system has
to invoke closed-loop control. Explicitly, instead of the modem
modes of the received OFDM subcarriers, the OFDM symbol
has to carry the receiver’s perception of the required modem
modes to be used by the remote transmitter in order to main-
tain the target BPS of the receiver. In this case, however, the
channel quality estimates will be associated with twice as high
an estimation latency, as in case of the above open-loop con-
trol regime. The two distinct adaptation loops distinguished by
the dotted and dashed lines are the inner and outer adaptation
regimes, respectively. The outer adaptation loop controls the
overall throughput of the system, so that a fixed-delay decoding
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Fig. 5. Subcarrier SNR versus subcarrier index for the first transmitted frame in the channel of Fig. 2 for a long-term SNR of 5 dB, with selected modem mode
and average estimated subband BER before turbo-decoding for the 32 subbands. The two subbands around carrier 512 contain virtual carriers. (a) 10 kb/s mode
and (b) 32 kb/s mode.
Fig. 6. Frame error rate versus the predicted uncoded BER for 10, 16, 24, and
32 kb/s modes.
with the relative frequencies (Rel. Fr.) experienced and logged
in Table I, for the system configuration denoted by “Switch-I,”
where the four available throughput modes—namely, 10, 16,
24, and 32 kb/s—have been employed in the context of the
bit rate selection scheme outlined in Section IV. By contrast,
the “Switch-II” configuration disabled the 10 kb/s mode. The
impact of this on the system’s performance, specifically on the
quality of the reconstructed audio signal, will be discussed in
Section VI. Before we embark on a brief portrayal of the 7 kHz
bandwidth audio codec, let us briefly comment on the impact
of an increasing speed of motion on the system’s performance.
Specifically, the degree of correlation between the channel
transfer function estimated at the receiver—which is the basis
for the modulation mode assignment to be employed by the
local transmitter in the next time slot on the reverse link—and
the channel transfer function actually incurred by an AOFDM
symbol during transmission on the reverse link decreases. This
reduces the performance gain of adaptive modulation.
Fig. 7. Mode switching pattern at 5 dB channel SNR over the COST 207
channel of Fig. 2(b).
V. THE PICTURETEL CODEC
In recent years, speech coding research has been focused
on coding kHz bandwidth, rather than kHz bandwidth,
speech signals in an effort to increase the perceived speech
quality [37]–[40]. The challenge in this context has been the
encoding of the speech spectral components above 3.4 kHz,
which onaverageaccountfor lessthan1%of thespeech energy,
yet they substantially influence the perceived speech quality. A
plausible approach is to separatethese two bands using subband
coding, which allows the designer to independently control the
number of bits allocated to them. A more refined approach
is to invoke frequency-domain coding techniques, such as
transform coding [35], [40] which allows a more intelligent,
finely grained distribution of the available coding bits to the
most important audio signal frequencies. Furthermore, the bit
rate can be adaptively controlled in an effort to find the best
compromise in terms of loading the AOFDM subcarriers more